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1
SYSTEM AND METHOD FOR PROVIDING
VIRTUAL MULTIPLE LINES IN A
COMMUNICATIONS SYSTEM

CROSS-REFERENCE TO RELATED
APPLICATIONS

The present application claims priority benefit of U.S. Pro-
visional Patent Application No. 60/936,584, filed Jun. 20,
2007, entitled “Virtual Multiple Lines in a VoIP System,”
which is hereby incorporated by reference.

BACKGROUND

1. Field of the Invention

Embodiments of the present invention relate generally to
Voice over Internet Protocol (VoIP) technology, and more
particular to implementation of virtual multiple lines in a
communication system.

2. Description of Background Art

In a public switched telephone network (PSTN), an initi-
ating phone connects to a circuit switch and the PSTN via a
first plain old telephone service (POTS) line. Similarly, a
destination phone connects to the circuit switch and the PSTN
via a second POTS line. As such, the circuit switch electri-
cally connects the initiating phone to the destination phone
over the PSTN. The electrical connection is maintained for an
entire duration of a phone call between the initiating phone
and the destination phone. This electrical connection in the
PSTN is commonly referred to as “circuit switched.” How-
ever, a problem with the PSTN is that because much of a
conversation is silence, maintaining the electrical connection
for the duration of the phone call wastes available bandwidth
in the circuit switch.

A POTS line can only carry one active phone call at a time.
An active call is a call where the parties active in the call can
communicate. To be able to place additional phone calls using
the same phone number allocated to the first POTS line the
PSTN provider must install additional POTS lines at the
customer premises.

Voice over Internet Protocol (VoIP) is a technology that
permits phone calls to be carried over the Internet as opposed
to over the PSTN. In VoIP, a device known as an analog
telephone adapter (ATA) or media gateway serves as an inter-
face between an analog phone and the packet-based Internet.
In operation, an initiating ATA converts analog signals from
an initiating phone into packets using a voice codec. To
receive an incoming call at the destination phone, a destina-
tion ATA receives packets into a buffer and uses the same
codec to convert the packets back into analog signals. The
ATA may be a stand-alone device or may be incorporated into
another device such as a cordless phone base station or broad-
band modem.

Conventionally, ATAs provide VoIP functionality via a
connection to a broadband modem, such as through a cable
modem or a digital subscriber line (DSL) connection to the
Internet. Broadband refers to communications in which mul-
tiple messages or channels may be carried simultaneously
over the same transmission medium. A broadband network is
any network capable of providing broadband services (e.g., a
network supporting digital traffic). VoIP services are gener-
ally provided through an Internet Telephony Service Provider
(ITSP). In many instances, the ITSP strives to emulate the
behavior and reliability of the PSTN while offering a lower
cost for delivering the service and/or increased functionality.

For many VoIP services offered for residential use, a single
ATA is provided which delivers the VoIP services. As such,
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there is a limited ability to offer VoIP services to multiple
phones in the residence. Instead, the user may be encouraged
to connect a multi-station cordless phone system to the FXS
port of the ATA so that the benefits of the VoIP service can be
enjoyed on multiple phones in the residence. This approach,
however, carries with it many limitations. For example, such
cordless phone systems require AC power, which results in
the phone system ceasing to function in an event of a power
outage. Another disadvantage with using a single ATA is that
a user may lose use of existing phones since the ATA only
provides a single FXS port located at just one location in the
home. Furthermore, audio quality of most cordless systems is
lower than wired telephone systems. Yet another disadvan-
tage is that cordless handsets have limited or no user interface
to facilitate implementation of new features.

In alternative embodiments, the user may disconnect the
home wiring from the PSTN network and drive the home
wiring from the FXS port of the ATA. This alternative, how-
ever, does not work for users who receive their broadband
service via a digital subscriber line (DSL) since a connection
to the PSTN infrastructure is required to deliver the DSL
service to the residence. Physically disconnecting the home
wiring from the PSTN wiring of the local phone carrier also
requires a level of technical skill and knowledge that is not
common among typically users.

A further limitation of most VoIP services is that connect-
ing multiple simultaneous calls into or out of the residence
requires multiple ATAs with separate phone numbers and
separate phones or phone systems (e.g., the cordless phone
system). This limits flexibility for the user who may have
multiple people living in a residence who may wish to hold a
plurality of phone conversations at the same time.

Where multiple phones are served by a single ATA, the user
is limited to placing or receiving a single phone call at any one
time. In a residence where a plurality of people may need to
use the phone, this limitation can lead to significant inconve-
nience. Therefore, a need exists in industry to address some of
the aforementioned deficiencies and inadequacies.

SUMMARY OF THE INVENTION

An exemplary system and method for providing virtual
multiple lines in a communication system is provided. The
exemplary system allows a plurality of simultaneous commu-
nications (e.g., phone calls) to be conducted via a single
access identifier (e.g., phone number). In exemplary embodi-
ments, the system comprises a hub configured to route com-
munications via PSTN and VoIP. The determination as to how
the communication should be routed may be performed by
the hub, a call services server, or a combination of both. At
least one client device may be coupled in communication
with the hub and configured to enable placement or receipt of
a second or subsequent communication when a first commu-
nication is active. The client device is coupled to a commu-
nication device which places or receives the second or sub-
sequent communication.

Inexemplary embodiments, a first communication is estab-
lished. Subsequently, an indication of a second communica-
tion is received. In some embodiments, the indication may
comprise an access identifier (e.g., phone number) that is
provided for initiating an outbound communication. In other
embodiments, the indication may comprise notification of an
inbound communication.

Routing information for the first communication is then
determined. In some embodiments, the routing information
may comprise whether the first communication is being
routed through PSTN or a packet switched network. In other
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embodiments, the routing information may comprise which
one or more devices within a local area network is active on
the first communication.

Based on the routing information, the second communica-
tion may be routed accordingly. For example, if the second
communication is an outbound communication and the first
communication is being routed via the PSTN; then the second
communication may be routed via the packet switched net-
work. In another example, if the second communication is an
inbound communication, then the second communication
may be routed to one or more of the devices that are not active
on the first communication.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG.1is ablock diagram of an exemplary communications
environment in which embodiments of the present invention
may be practiced.

FIG. 2 is a block diagram of an exemplary hub.

FIG. 3 is a block diagram of a line emulation engine in
accordance with exemplary embodiments.

FIG. 4 is a block diagram of an exemplary client device.

FIG. 5 is a flowchart of an exemplary method for providing
virtual, multiple lines in a VoIP system.

FIG. 6 is a flowchart of an exemplary method for providing
an outbound communication via a second line.

FIG. 7 is a flowchart of an exemplary method for providing
an inbound communication via a second line.

DETAILED DESCRIPTION OF EXEMPLARY
EMBODIMENTS

Embodiments of the present invention provide systems and
methods for delivering advanced packet switching technol-
ogy (e.g., VoIP) services to a plurality of communication
devices (e.g., telephones) in a home or small office environ-
ment while simultaneously allowing multiple communica-
tions in the environment. In exemplary embodiments, the
environment may have multiple access identifies, and mul-
tiple active communication channels can be associated with
each access identifier associated with the environment. In one
embodiment an access identifier associated with the environ-
ment may be the phone number of a PSTN line connected to
the system. In this embodiment multiple active communica-
tions may be associated with the phone number of a PSTN
line in the environment with the advantage of not having to
install additional PSTN lines from the PSTN provider.
Advantageously, embodiments of the present invention allow
the use of existing, traditional communication devices in the
environment and do not require multiplexing wiring in the
environment. In further embodiments, the systems and meth-
ods may be extended to enable delivery of multiple media/
communication types (e.g., voice, music, video, data) while
maintaining quality of service, security, and extensibility
through a managed network. Although examples are provided
that discuss VoIP services and networks, those skilled in the
art will appreciate that any packet switching technology may
be used. For simplicity, the following description provides
embodiments whereby the communication is a voice call.
However, exemplary embodiments may be practiced with any
communication types.

FIG. 1 illustrates an exemplary communication environ-
ment 100 in which embodiments of the present invention may
be practiced. The exemplary communication environment
100 comprises a call services server 102 coupled to a local
area network (LAN) 104 via a communication network 106.
The communication network 106 may comprise the Internet,
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4

a private network connected to the Internet, or any wide area
network (WAN). In one embodiment, the communication
network 106 uses an Ethernet protocol (IEEE 802.3). The call
services server 102 may also be coupled to the LAN 104 via
the PSTN 108.

Inexemplary embodiments, ahub 110 provides alocal area
network connection to one or more client devices 112. In
exemplary embodiments, the hub 110 comprises a special-
ized analog telephone adapter (ATA) or network device. The
hub 110 and client devices 112 can each provide FXS chan-
nels for locally connected communication devices 114. In
exemplary embodiments, the communication devices 114
may comprise telephones, answering machines, cordless
phones, fax machines, modems, SIP phones, DECT handsets,
or other communication equipment.

In exemplary embodiments, the hub 110 communicates
with the client devices 112 via the Home Phone Network
Alliance (HPNA). HPNA may be used to implement a high-
speed network over the user’s phone line that does not inter-
fere with voice or DSL network traffic which may also exist
on the phone wiring. HPNA is a digital packet protocol that is
used to carry signaling and media packet between the hub 110
and the client devices 112. WiFi, DECT or other local area
network technologies may also be used in place of HPNA. In
some embodiments, the client device 112 and communication
device 114 may be integrated into a single device such as a
DECT handset. The client device 112 will be discussed in
more detail in connection with FIG. 4 below.

The exemplary hub 110 may also be coupled to other
devices in the LAN 104. The hub 110 may be coupled to the
communication network 106 via a modem 116 (e.g., cable
modem or DS modem). Additionally, the hub 110 may be
coupled to a router (not shown) for general purpose data
networking within the LAN 104. It should be noted that, in
exemplary embodiments, each hub 110 and LAN 104 may be
associated with any number of access identifiers and may
establish multiple communication sessions on each access
identifier associated with the environment 100. As such, the
hub 110 may act as a router of information between a broad-
band connection, the LAN connection used to serve tele-
phony and media information to the client devices 112, as
well as other networked devices in the LAN 104 possibly
coupled through other LAN connections. The hub 110 will be
discussed in more detail in connection with FIG. 2.

In exemplary embodiments, the hub 110 communicates via
a WAN port to an ITSP network infrastructure. This ITSP
network infrastructure may comprise one or more servers
(e.g., call services server 102) that provide management func-
tions for the hub 110, such as provisioning, registration,
authorization, reporting, and software updates. These servers
may also manage routing of calls. In the present embodiment,
the call services server 102 is configured to perform some or
all of these functions. However, any number of servers may
perform these functions. In some embodiments, the ITSP
network infrastructure may also comprise a PSTN-to-VoIP
origination gateway device for handling calls coming from
the PSTN to subscribers and/or a VoIP-to-PSTN termination
gateway device to deliver calls from subscribers to PSTN
phone numbers.

According to exemplary embodiments, the PSTN 108 is
provisioned to “call forward on busy” to the call services
server 102 (e.g., the ITSP origination gateway) for incoming
calls. Thus, when the PSTN line is occupied by a telephone
call, a second incoming call may be forwarded to the call
services server 102 where it can be routed through a network
connection (e.g., via the communication network 106) to the
hub 110. The hub 110 may then notify unoccupied client
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devices 112 (and in some cases, notify occupied client
devices 112) in the LAN 104 to ring (or provide call waiting
indications) via their respective FXS ports. Any combination
of incoming and outgoing calls routed through VoIP and
PSTN 108 can be handled in this manner to transparently give
users the ability to place and receive multiple simultaneous
calls. If no lines are available for an incoming call (e.g., all
telephones are on existing calls), then the call may be for-
warded to voicemail, for example.

One skilled in the art will recognize that the exact configu-
ration of the ITSP network infrastructure may differ from
system to system. However, the basic functions of managing
the network, routing calls, receiving PSTN calls intended for
subscribers, and terminating calls from subscribers to exter-
nal phone numbers on the PSTN will be provided.

The hub 110 may optionally be coupled to a land-line
interface through a foreign exchange office (FXO) port to
carry calls through the Public Switched Telephone Network
(PSTN) 108 to a PSTN device (not shown). The PSTN 108
may comprise any level of the global PSTN (e.g., local trans-
port network, regional transport network, international trans-
port network). Alternatively, calls may be routed to the PSTN
device via the communication network 106 using session
initiation protocol (SIP) through an Internet telephony ser-
vice provider (ITSP) which couples the call through a PSTN
connection to the PSTN device.

In some embodiments, the LAN 104 may not be coupled to
the PSTN 108. In these embodiments, all calls are made using
VoIP over the communication network 106.

In exemplary embodiments, calls will be made via the
PSTN 108 in certain situations regardless of whether the call
is a long distance call. For example, if power is lost or the
broadband connection is lost, VoIP functionality will be lost.
In these situations, the calls may be hard wired to the PSTN
108 as default. In a further embodiment, the call may bea 911
call, which is automatically routed through the PSTN 108. In
this embodiment, an established first call conducted over
PSTN 108 may be disconnected in order to allow the 911 call
to be made. Alternatively, an incoming or outgoing call that is
not established (e.g., not connected between two parties)
initially being conducted over PSTN 108 may be rerouted to
through the communication network 106 in order to allow the
911 call to be conducted over the PSTN 108.

Referring now to FIG. 2, the exemplary hub 110 is shown
in more detail. In exemplary embodiments, the hub 110 com-
prises a processor 202 coupled to one or more memory
devices 204. In some embodiments, the processor 202 may be
configured to perform audio compression and decompres-
sion, echo cancellation, and audio mixing. The memory
device 204 may comprise storage for a plurality of applica-
tions, components, and modules. In the present embodiment,
the memory device 204 comprises a line emulation engine
206, notification module 208, digital signal processing (DSP)
module 210, quality of service (QoS) module 212, and a
communication module 214. Alternative embodiments may
comprise more, less, or other engines and modules. For
example, the DSP module 210 and QoS module 212 may be
optional or be provided elsewhere in the environment 100. In
one embodiment, the hub 110 comprises a personal comput-
ing device (e.g., a computer, a laptop, etc.).

The exemplary line emulation engine 206 is configured to
provide virtual multiple communication lines to the local area
network 104. The line emulation engine 206 will be discussed
in more detail in connection with FIG. 3 below.

The notification module 208 is configured to function in
connection with notification devices 216 of the hub 110. In
some embodiments, the hub 110 may comprise notification
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6

devices 216, such as lights, buttons, speakers, microphones,
and/or other user interfaces useful for delivering service as
will be described herein.

The exemplary DSP module 210 is configured to provide
digital signal processing of various data that is transported
through the hub 110. In exemplary embodiments, the DSP
module 210 may implement functions, such as audio com-
pression and decompression, echo cancellation, and audio
mixing, which may, in some embodiments, be required to
deliver the VoIP services.

The exemplary QoS module 212 is configured to enforce
quality of service. In some embodiments, quality of service
functionality ensures that real-time media such as telephony
is prioritized higher than non-real time traffic. This quality of
service may maximize quality of VoIP phone calls carried in
the LAN 104.

The exemplary communications module 214 may perform
functions as directed by instructions from the line emulation
engine 206. In exemplary embodiments, the communications
module 214 may allow a second call to be made to or from one
or more designated communication devices 114 as will be
discussed further below.

The hub 110 may comprise other hardware components
that enable the functionality of'the hub 110. These exemplary
components may comprise one or more FXO ports 218, FXS
ports 220, and network ports 222. The FXO port 218 is
configured to interface to the PSTN 108, while the FXS port
220 is configured to interface to the communication device
114 (e.g., analog phone) which may be directly connected to
the hub 110. The network port 222 may provide a WAN (e.g.,
Ethernet) interface to the communication network 108 via the
modem 116. Another network port 222 may be optionally
provided for a local area (LAN) interface to, for example, a
personal computing device, and/or router. In some embodi-
ments, the network ports 222 may comprise RJ-45 connectors
or ports.

As discussed, the hub 110 may be coupled to the PSTN 108
via the FXO port 218, which allows the hub 110 to route calls
directly to the PSTN 108 in addition to routing VoIP calls via
the communication network 106. As such, the hub 110 inter-
connects a local phone company, in-house wiring, and VoIP
network(s). As a result, one or more alternative telephony
channels may be created using the existing in-house/PSTN
wiring, which enables conventional telephones to communi-
cate with the hub 110 (via the client devices 112) indepen-
dently of baseband calls by the hub 110 via the PSTN 108.
Any type of LAN can provide the required separation
between a baseband call and a simultaneous VoIP call.

In some embodiments, the communication device 114 may
be directly coupled to the hub 110 via the FXS port 218 of the
hub 110. In these embodiments, the hub 110 performs func-
tionalities of the client devices 112, which will be described
further below.

In one embodiment, the hub 110 communicates with one or
more client devices 112 through an HPNA network estab-
lished on a user’s twisted pair telephone wiring. Alternatively,
any network technology adequate to carry streamed media,
such as voice, can be used for communication between the
hub 110 and the client devices 112. For example, the hub 110
and the client devices 112 can communicate (e.g., via the
communications module 214) using IP networking over AC
wiring (e.g., HomePlug) or over a wireless network (e.g.,
DECT, 802.11b or 802.11g).

Referring now to FIG. 3, the exemplary line emulation
engine 206 is shown in more detail. The line emulation engine
206 is configured to provide virtual multiple communication
lines to a single local environment (e.g., LAN 104). In exem-
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plary embodiments, the line emulation engine 206 may com-
prise a line detection module 302, determination module 304,
and instruction module 306.

In exemplary embodiments, the line detection module 302
is configured to detect call activities within the LAN 104.
Thus, the line detection module 302 will detect if one or more
calls are active. The line detection module 302 may also
identify how calls are being routed. For example, the line
detection module 302 may detect that a first call is being sent
via PSTN and a second call is routed through the communi-
cation network 106 via VoIP. In a further example, the line
detection module 302 may determine which devices (e.g.,
client device 112, communication device 114) are active on
calls.

The exemplary determination module 304 is configured to
determine how to provide one or more additional calls. For
example, if a first call is actively being routed through PSTN
108, then the determination module 304 may decide to route
a second call via the communication network 106, and vice
versa. In a further embodiment, the determination module
304 may route a 911 call via PSTN 108. As such, the deter-
mination module 304 determines optimal routing available
for a call. In an alternative embodiment, the call services
server 102 may determine the optimal routing.

The determination performed by the determination module
304 (or call services server 102) may be made based on
predetermined policies or libraries. Thus, the route choice
may be based on originating and destination location, carrier
cost, carrier availability, and whether the destination is to
another call services subscriber. For example, if the call is a
local call, then the call may be routed via PSTN 108. In
contrast, a long distance call may be routed via VoIP. In
another example, the call is routed via VoIP if the PSTN line
is busy. The hub 110 may then route the call over, for example,
the PSTN line coupled to the hub 110 (if it exists and is
available), via the communication network 106 to the target
telephone number (e.g., if the telephone number is with a
cooperating VoIP subscriber), or to a termination gateway
where the call may be forwarded through the PSTN 108 to the
target phone number. In some embodiments, more than one
route may be determined to give the hub 110 several routes in
case one is not available.

The instruction module 306 is configured to generate rout-
ing instructions. In some embodiments the instructions are
based on the determination performed by the determination
module 304. These routing instructions may be provided to
the communications module 214, which activates the appro-
priate port(s) (e.g., FXO port 218, FXS port 220, network port
222) for routing of one or more inbound or outbound calls.

Referring now to FIG. 4, the exemplary client device 112 is
shown in more detail. In exemplary embodiments, the client
device 112 comprises a remote station which extends one or
more features to one or more coupled communication devices
114 (e.g., analog telephones) in order to provide communi-
cation via packet switching technology, PSTN, or basic SIP.

In exemplary embodiments, the client device 112 com-
prises a processor 402 coupled to one or more memory
devices 404. The memory device 404 may comprise storage
for a plurality of applications, components, and modules. In
the present embodiment, the memory device 404 comprises,
at least, a communications module 406, and a notification
module 408. In exemplary embodiments, the client device
112 may be coupled in communication with the hub 110 via
a FXO port 410. In some embodiments, the client device 112
provides baseband fallback in case of power failure.

The communication module 406 of the client device 112 is
configured to activate one or more FXS port(s) 412. As dis-
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8

cussed above, the client device 112 is coupled via the FXS
port 412 to the communication device 114 in order to com-
municatively couple the communication device 114 (e.g., a
standard telephone) to the hub 110. In the present embodi-
ment, the client device 112 communicates with the hub 110
over HPNA or similar network technology. In a call scenario,
a user goes off-hook on one of the communication devices
114 coupled to the client device 112 (or hub 110 if the hub 110
incorporates the FXS port 220 and is connected to the com-
munication device 114). The communication device 114 is
coupled through the FXS port 412 where audio is digitized
and passed (along with DTMF tones generated by the com-
munication device 114) to the hub 110. Alternatively, the
audio may be compressed at the client device 112 before
being passed to the hub 110. Typically, the user enters a
desired phone number or other access identifier which may be
passed as DTMF tones to the FXS port 412, which then passes
the information to the hub 110 over the LAN 104 (e.g., via
HPNA).

The notification module 408 is configured to function in
connection with notification devices 414 located at the client
device 112. In some embodiments, the client device 112 may
comprise notification devices 414, such as lights, buttons,
speakers, microphones, and/or other user interfaces useful to
delivering service as will be described herein.

According to exemplary embodiments, the notification
devices 216 and 414 of the hub 110 and client device 112,
respectively, comprise a number pad. Each number button of
the number pad may comprise a light. If the light is solid, for
example, then a call is active on that line (e.g., number button
“171s solidly lit, so line 1 is active on a call) at that hub 110 or
client device 112. If the number button is blinking, then a call
is on hold for that hub 110 or client device 112. Alternatively,
a blinking number may indicate that a call is active, but not at
the local hub 110 or client device 112 that comprises the
blinking number. An unlit number button may signify that the
line is not active. One skilled in the art will appreciate that any
combination of light functions and call status may be used.

In some embodiments, calls may be manipulated at the hub
110 or client device 112 using the number pad. For example,
if a user desires to join an existing call, the user may press a
blinking number associated with the existing call to join the
call and use the coupled communication device 114 to com-
municate. Conversely, the user may leave an existing call my
pressing the number associated with the call line, pressing a
flash button, or pressing another call ending button on the
client device or hub.

According to some embodiments, if a user wants to con-
ference two existing calls (i.e., ontwo separate lines), the user
may simultaneously press the number buttons of the two lines
on which the two calls are being conducted to conference the
two calls together. In alternative embodiments, a conference
selection or other buttons/selections may be provided to con-
ference the two calls together. Subsequently, in order to un-
conference these two calls, one of the users in the LAN 104
may, in one embodiment, press one of the two number buttons
representing the conference lines and the user will remain on
the selected line corresponding to the pressed number button.
The other line will continue with the other user in the LAN
104. Although two existing calls are discussed, it will be
appreciated by those skilled in the art that any number of
existing calls may be placed in conference. Similarly, any
number of calls may be separated from the conference (i.e., to
un-conference the calls).

In some embodiments, the notification devices 216 and 414
may comprise a sound generator or speaker. For example, if a
call ends at the hub 110 or client device 112 and another call
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is on hold, the hub 110 or client device 112 may ring or
provide other audio signal to indicate a held call. The audio
signal may be provided along or in addition to visual signals
(e.g., lit button on the number pad). Any type of audio signal
(e.g., rings, tones, verbal cues) may be provided for any type
of call status or situation (e.g., incoming call, termination of
call, call waiting). In one embodiment, an audio or visual cue
may be provided to indicate if a call is being routed through
the communication network 106 (e.g., via VoIP) or the PSTN
108.

If a second communication device 114 in the LAN 104 is
then taken off-hook while the first call is in progress, a second
caller may hear a distinctive dial tone (e.g., instead of the
familiar behavior of a circuit switched network of being
placed on a 3-way party line with the first call). In one
instance, the second caller may press a button on the client
device 112 (or perform some other action) to be joined with
the first call. The second call may also enter a new phone
number to establish a second call. In some embodiments, this
second call may be routed through a broadband connection
(via the communication network 106) if the first call is via
PSTN 108. Additional calls can be made via the broadband
connection up to the limits of the broadband capacity of the
subscriber’s LAN 104. As a result, multiple simultaneous
phone calls may be maintained through a single hub 110, thus
eliminating problems normally associated with having a
single phone line.

Incoming calls may function in a similar manner. The
incoming call may arrive via either a PSTN line or an origi-
nation gateway from the ITSP network infrastructure. The
incoming call may cause the hub 110 to signal each client
device 112, not occupied with a call, to ring the coupled
communication device 114 through their respective FXS
ports 412. The call is completed when a user goes off-hook on
any communication devices 114 coupled to an unoccupied
client device 112. In some embodiments, if a second call is
received at the LAN 104, the hub 110 can direct occupied
client devices 112 to provide a call waiting indicator, while
ringing may be provided by unoccupied client devices 112.

In other embodiments, the incoming call may cause the hub
110to signal a subset of client devices 112. In some examples,
the hub 110 may select client devices 112 based on caller 1D,
called number or time-of-day. As a result, only one or a few
client devices 112 out of a set may be signaled by the hub 110.
In exemplary embodiments, this determination may be per-
formed by the determination module 304 of the hub 110.

It should be noted that the hub 110 and the client devices
112 may comprise different embodiments or forms. Some
hubs 110 and client devices 112 may interact with the user
using lights and buttons. Other embodiments may incorporate
LCD displays, touch screens, touch pads, voice recognition,
or other means for providing user information and control.
Some hubs 110 may integrate a base station function for a
cordless telephone system. Additionally, the hub 110 and
client devices 112 are not limited to carrying voice. The hub
110 and client devices 112 may be configured to carry music,
video, or other streamed media, for example.

Referring now to FIG. 5, a flowchart 500 of an exemplary
method for providing multiple lines of communication is
provided. In step 502, a first call is established. The first call
may comprise an inbound call or an outbound call. Typically,
one or more of the client devices 112 and communication
devices 114 will be active on the first call.

In step 504, an indication of a second call is received. For
an outbound communication, the indication may comprise an
access identifier (e.g., phone number) that is provided for
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initiating the outbound communication. For an inbound com-
munication, the indication may comprise notification of an
inbound communication.

Routing information for the first communication is then
determined in step 506. Based on the routing information, the
second communication may be routed accordingly in step
508. Steps 506 and 508 will be discussed in more detail in
connection with FIG. 6 and FIG. 7.

FIG. 6 is a flowchart for determining routing information
for a first call and routing the second call when the second call
is an outbound call. In step 602, a determination is made as to
whether the first call is being conduct over the PSTN 108. As
typically only one call may be carried over the PSTN 108, if
the first call is a PSTN call, then the outbound second call will
be routed using VoIP (e.g., over the packet switched commu-
nication network 106) in step 604.

If the first call is not being routed over the PSTN 108, then
in step 606, a determination is made as to whether the second
call should be routed using the PSTN 108 or VoIP. In exem-
plary embodiments, the determination is performed by the
determination module 304 (or a determination module at the
call services server 102) may be made based on predeter-
mined policies or libraries. Thus, the route choice may be
based on, for example, originating and destination location,
carrier cost, carrier availability, available quality of service,
the capacity to carry high bandwidth audio, and whether the
destination is to another call services subscriber. For example,
if the call is a local call, then the call may be routed via PSTN
108. In contrast, a long distance call may be routed via VoIP.
Based on this determination, the second call may be routed
via the PSTN in step 608 or using VoIP in step 604.

FIG. 7 is a flowchart for determining routing information
for a first call and routing the second call when the second call
is an inbound communication. In step 702, a determination is
made as to which device(s) are active on the first call. In
exemplary embodiments, the line detection module 302
determines which client device 112 and communication
device 114 is active on the first call.

In step 704, notification of the inbound second call is
provided to devices not active on the first call. These devices
(e.g., clientdevice 112, communication device 114) may then
provide audio and/or visual signals to indicate the inbound
second call.

In optional step 706, notification may be provided to
devices active on the first call. In exemplary embodiments,
the notification may comprise a “call waiting” indication that
is provided audibly, visually, or both. It should be noted that
steps 704 and 706 may be practiced simultaneously.

In step 708, a connection request is received from a select
device. For example, a particular communication device 114
may go off-hook (e.g., handset is picked up) thus triggering a
request to answer the second call. In another example, a user
at a device active on the first call may answer the second call
by pressing a button which simultaneous places the first call
on hold and requests to answer the second call. The second
call is then connected in step 710.

The above-described functions and components can be
comprised of instructions that are stored on a computer read-
able storage medium. The instructions can be retrieved and
executed by a processor. Some examples of instructions are
software, program code, and firmware. Some examples of
storage medium are memory devices, tape, disks, integrated
circuits, and servers. The instructions are operational when
executed by the processor to direct the processor to operate in
accord with embodiments of the present invention. Those
skilled in the art are familiar with instructions, processor(s),
and computer readable storage medium.
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The present invention has been described above with ref-
erence to exemplary embodiments. It will be apparent to
those skilled in the art that various modifications may be
made and other embodiments can be used without departing
from the broader scope of the invention. Therefore, these and
other variations upon the exemplary embodiments are
intended to be covered by the present invention.

What is claimed is:

1. A method for providing multiple communication lines
using a single access identifier associated with a location,
comprising:

establishing a first communication using a hub, the first

communication being a first voice call originated or
received by a first user at the location via the single
access identifier, the hub being disposed at the location,
the hub integrating a DECT cordless telephone base
station, the first user using a DECT communications
device, the DECT communications device being wire-
lessly coupled to the DECT cordless telephone base
station;

receiving an indication of a second communication;

determining routing information for the first communica-

tion;

routing the second communication based at least in part on

the routing information of the first communication, the
second communication being a second voice call origi-
nated or received by a second user at the location via the
single access identifier, the second user using a commu-
nications device, the communications device being
coupled to the hub through at least one of the DECT
cordless telephone base station, a Foreign eXchange
Subscriber (FXS) port, and an IP network; and
receiving a selection for separating a conferenced plurality
of communications into a plurality of communication
lines, and separating the conferenced plurality of com-
munications into two or more separate communications.

2. The method of claim 1 wherein if the routing information
of the first communication indicates the first communication
is established via PSTN, routing the second communication
via a packet switching network.

3. The method of claim 2 wherein the packet switching
network is the Internet.

4. The method of claim 2 wherein the packet switching
network is a private network connected to the Internet.

5. The method of claim 2 wherein the packet switching
network uses an Ethernet protocol IEEE 802.3.

6. The method of claim 1 wherein if the routing information
of the first communication indicates the first communication
is not established via PSTN, determining if the second com-
munication should be established via PSTN or a packet
switching network, and establishing the second communica-
tion accordingly.

7. The method of claim 1 wherein the indication isa DTMF
sequence of a target access identifier.

8. The method of claim 1 wherein the indication is a call
forward on busy from the PSTN provider.

9. The method of claim 1 wherein the determining routing
information comprises determining which one or more
devices within the location is active on the first communica-
tion.

10. The method of claim 9 further comprising providing
notifications to one or more devices not active on the first
communication to indicate the second communication when
the second communication is an incoming communication.

11. The method of claim 9 further comprising providing a
call waiting indication at the one or more devices active with
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the first communication to indicate the second communica-
tion when the second communication is an incoming com-
munication.

12. The method of claim 1 further comprising automati-
cally routing the second communication using PSTN when
access to a packet switching network is unavailable.

13. The method of claim 1 further comprising providing
one or more notifications to a user with status of active com-
munications within the location.

14. The method of claim 1 further comprising receiving a
selection for conferencing two or more communications on a
plurality of separate communication lines, and conferencing
the two or more communications.

15. The method of claim 1 further comprising automati-
cally using PSTN when the first or second communication is
a 911 call.

16. A system for providing multiple communication lines
via a single access identifier associated with a location, com-
prising:

a line detection module configured to detect status and
routing information for an established first communica-
tion, the first communication being a first voice call
originated or received by a first user at the location via
the single access identifier, the first communication
using a hub, the hub being disposed at the location, the
hub integrating a DECT cordless telephone base station,
the first user using a DECT communications device, the
DECT communications device being wirelessly coupled
to the DECT cordless telephone base station;

a determination module configured to determine how to
route a second communication based at least in part on
the routing information for the established first commu-
nication, the second communication being a second
voice call originated or received by a second user at the
location via the single access identifier; and

an instruction module configured to generate instructions
for routing the second communication based on the
determination, the second communication being a sec-
ond voice call originated or received by a second user at
the location via the single access identifier, the second
user using a communications device, the communica-
tions device being coupled to the hub through at least
one of the DECT cordless telephone base station, a
Foreign eXchange Subscriber (FXS) port, and an IP
network, and for receiving a selection for separating a
conferenced plurality of communications into a plural-
ity of communication lines and separating the confer-
enced plurality of communications into two or more
separate communications.

17. The system of claim 16 further comprising a notifica-
tion device configured to provide notification status for at
least the first communication.

18. The system of claim 16 further comprising a notifica-
tion device configured to receive a request to combine or
separate a plurality of communications.

19. The system of claim 16 further comprising an FXO port
configured to provide routing via PSTN.

20. The system of claim 16 further comprising a network
port configured to provide routing via a packet switched
network.

21. The system of claim 16 further comprising at least one
call services server, wherein the determination module is
located at the call services server.

22. A non-transitory machine readable medium having
embodied thereon a program, the program comprising
instructions for a method for providing multiple communica-
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tion lines using a single access identifier associated with a
location, the method comprising:

establishing a first communication using a hub, the first
communication being a first voice call originated or
received by a first user at the location via the single 5
access identifier, the hub being disposed at the location,
the hub integrating a DECT cordless telephone base
station, the first user using a DECT communications
device, the DECT communications device being wire-
lessly coupled to the DECT cordless telephone base 10
station;

receiving an indication of a second communication, the
second communication being a second voice call origi-
nated or received by a second user at the location via the
single access identifier; 15

determining routing information for the first communica-
tion;

routing the second communication based, at least, on the
routing information of the first communication, the sec-
ond communication being a second voice call originated 20
orreceived by a second user at the location via the single
access identifier, the second user using a communica-
tions device, the communications device being coupled
to the hub through at least one of the DECT cordless
telephone base station, a Foreign eXchange Subscriber 25
(FXS) port, and an IP network; and

receiving a selection for separating a conferenced plurality
of communications into a plurality of communication
lines, and separating the conferenced plurality of com-
munications into two or more separate communications. 30
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